The use of electronic bandpass filtering for content-masking speech samples in studies on expressive aspects of vocal behavior is discussed. A simple electronic filtering system, which can be built easily and which can be adopted readily for a variety of applications, is described,
ex pression is "electronic content filtering." With the help of commercial bandpass filters, voice frequencies above 400-600 Hz are removed, which renders the respective speech sample unintelligible, as speech comprehension depends heavily on these higher frequencies (Fletcher, 1953; Licklider & Miller, 1951) . The result of this filtering process sounds like "a kind of mumble as though heard through a wall [Starkweather, 1956] ." The effect of this procedure on voice characteristics is not clear (Kramer, 1963;  there is little doubt, however, that a large number of speech characteristics, such as intonation contours, rhythm, tempo, and continuity, are still discernible.
Investigators have found that untrained judges could differentiate or identify emotional states (Soskin & Kauffman, 1961; Alpert, Kurtzberg, & Friedhoff, 1963; Kramer, 1964) , pathological personality development (Starkweather, 1956; Cohen, 1961) , and normal personality traits (Milmoe, 1965) on the basis of listening to content-filtered speech samples. In two recent studies, content-filtered speech samples were used to postdict doctors' su ccesses in referring alcoholic patients for treatment and to relate aspects of babies' behaviors to their mothers' voices (Milmoe et al, 1967; Milmoe et al, 1968) .
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I' ',p<" a( 0. difficult to have speech samples can ten t-I'iltered in this manner. Freq uen tly , commercial bandpass filters (such as Krohnhite Model 310 A-B) are not readily available and one has to rely on outside agencies for the filtering, which may result in the loss of the flexibility needed to achieve optimal results. For example, there is no standard optimal cut-off point in the frequency range-as the intelligibility of the filtered speech depends on the voice of the speaker, his speech characteristics, the familiarity of the speech content, as well as the quality of the recording-and some adjustment to specific requirements of the material is often needed.
I n order to alleviate these difficulties and to enable researchers to use a simple content-filtering procedure that can be adjusted easily to fit specific needs, the following small system was developed. It can be built easily by an experienced electronics technician and can be used without any knowledge of electronic circuitry or the physics of sound production. The equipment consists of a power supply, an electronic crossover, highand low-bandpass filters, a controlled distortion section, and a mixer-amplifier. The separate circuits are housed in a metal mini box, which mounts the input and output jacks, controls, and switches. The unit is plugged into any 11 7 -V ac house current outlet and is separately fused.
The system, a schematic diagram of which is shown in Fig. 1 , is designed with maximum flexibility in mind, and all functions are continuously variable or may be switched out altogether through the use of bypass switches. In operation, the output of a tape deck or tape recorder, which is normally fed to an external amplifier, is connected to the input jack, and the unit is turned on. A system bypass switch allows the user to feed the signal directly to the output jack for setup or test purposes, and the filter has no effect on the signa!. When this feature is not desired, the opposite position of the switch connects the input signal to the electronic crossover network. This circuit separates the input signal into high and low bands with a crossover frequency of approximately 650 Hz.
The outputs of the crossover are fed to separate filter bypass switches, preceding the high-and low-bandpass filter circuits. The user has the option of using either filter or both simultaneously at this point, or he may bypass both bandpass filters, leaving the separate bands unaffected. The function of the bandpass filters is to select a very narrow band of frequencies of the high and/or low bands, respectively, which are passed, whereas frequencies outside of this range are attenuated, thus reducing to a bare minimum the frequencies on which speech intelligibility depends. The low-bandpass filter peaks at about 310 Hz, the high filter around 3,400 Hz.
The filtered signals are treated somewhat differently, depending on the band through which they have passed. The input signals of the high-bandpass filter are fed to one side of the mixer ampli fier, where they may be combined with the low band frequencies to make up the final output signal desired. The output of the low-bandpass filter, however, is fed first to a bypass switch. This switch allows the user to direct the low-frequency signals to the mixer amplifier or to send them to a special circuit, the controlled distortion section. Since most of the intelligibility in the low-band signal can be eliminated with the low-bandpass filter, additional alterations are usually not needed.
Uccasionally, however, it is necessary to clip the peaks from the audio signal in order to reduce intelligibility further. The controlled distortion section allows the user to vary the degree of distortion as well as the "contour" of the resulting sound. "Contour" refers to the amount of amplification given the distorted signal before it is fed to the mixer-amplifier stage. This latter portion of the circuitry is designed to bring the output signal up to the original level of the input signal and allows the user to combine any amount of high frequencies with any amount of lows in making up the output signal. Thus, a certain amount of "fine tuning" can be carried out following the filters and distortion circuit to retain as much of the expressive content of the signal as possible while at the same time effectively removing speech intelligibility and, thus, semantic content.
This system can be used for various other purposes in research on vocal communication. Frequently, tape recordings need to be "cleaned up" by removing hum, air-conditioner noise, and other interference. This is achieved by filtering out those frequencies which make up the unwanted signal while passing as much of the desired sound as possible. Similarly, the device can be used for systematic manipulation of the perceived pitch characteristics of the speaker, e.g., by allowing only the high frequencies of the signal to reach the output.
Obviously, the content-filtering system described is relatively simple and does not attain the exacting standards of commercial bandpass filters. It does, however, effectively mask semantic content in speech samples and offers a high degree of flexibility to the psychological investigator whose research does not require too high a level of acoustic and electronic precision. Table 1 provides a list of parts along with unit costs.
